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ABSTRACT 

This thesis presents results of a research effort designed 

to advance the development of an acoustic speech segmentation 

procedure reported by an earlier researchero The procedure is 

nown as "moment analysis of the reciprocal z e r o  crossing dis- 

tances of speech." The development of this procedure is ad- 

vanced through the design and construction of a real-time 

statistical time-series analyzer to eliminate the need for 

computer analysis. 

This work discusses the general needs to which the 

advancement of the development of this segmentation procedure 

can be useful. Then it is shown that an electronic real-time 

statistical time-series analyzer is an effective method to 

advance the development of the segmentation procedure. In 

addition, a discussion of the design concepts and design 

feasibility is presented. Finallya the paper shows that the 

design concept is feasible and that the analyzer design is 

physical1.y realizable, thus illustrating that the need for 

computer analysis to study and utilize the most promising 

aspect of the segmentation procedure is essentially eliminated. 
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BNTROD'JCT I OW 

Durirmg t h e  p a s t  t h i r t y  y e a r s  a very high degree of 

i n t e r e s t  i n  t h e  f i e l d  of speech .process ing  and bandwidth 

compression has  been sbovn by many United S t a t e s  government 
.. . 

agencies  and p r i v a t e  co iapn ie s  (Fant ,  1 9 6 0 ;  Flanagan, 1 9 6 5 )  e 

Ploreovzr, i n  many cases  t h e  agencies  and p r i v a t e  f i r e s  have 

shared  t h e i r  i n t e r e s t  through j o i n t  r e sea rch  and development 

p r o g r m s ,  €!cwr:ever, t h e  concern of t h e  agencies  has  been by 

and l a r g e  i n  t h e  a r e a  of achieving low powerr narrow hancl- 

w i c l t h ,  and s e c u r e  vo ice  c o m u n i c a t i o n s .  On  t h e  o t h e r  hand, 

t h e  p r i v a t e  f i r m s ' h a v e  d i r e c t e d  t h e i r  a t t e n t i o n  t o  t h e  deyelop- 

n e n t  of voice  r ecogn i t ion  d e v i c e s ,  excep t  where work has been 

app l i ed  to government c o n t r a c t s .  A t  any r a t e ,  both of t h e s e  

amzs of development coxplenznt  each other e Furthermore I t h e  

u l t i n i a t e  a i m  of t h e  t o t a l  e f f o r t  by t h e  agencies  and p r i v a t e  

f i r m s  i s  t o  produce better hard.w.:are t o  inprove e x i s t i n g  con- 

d i t i o n s ,  For example, wi th  the n e a r i n s  of t he  end t o  t h e  

Wpol10 program, t h e  Nat iona l  Aeronaut ics  and Space Administra- 

t i o n  is looking toward spacecraf?  t h a t  can house fron f i . f t y  t o  

one hundred men. % i t l a  t h i s  l a r g e  popula t ion  of people ,  mul t i -  

p l e  voice c o m u n i c a t i o n  t o  and f r o m  ea r th  as well as t o  remote 

manned s a t e l l i t e s  w i l l  be r equ i r ed ,  So the need f o r  low power, 

narrow bandwidth vo ice  sys tem w i l l  become a denand- 
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Supplementary his growing need for new type voice systems 

by government:agencies, private firms are seeking to meet the 

anticipated requirement which is to provide computers that 

can be programed vocally as well as in the present software 

manner. Not only is this method of vocal address advantageous 

to the users of computersp it has many other uses8 automatic 

control systems with vocal address is an e ample. The need 

€or practical voice processing equipment is a realistic one 

which can only be met through the results of applied research. 

This statement exemplifies the purpose on which the present 

- .. 

-. 

work has been established. 

Further exemplification of the purpose is seen through 

a brief recognition of a fundamental study in the area of 

speech segmentation performed by an earlier researcher (Sitton, 

1969). The results of this work revealed the discovery of a 

new speech segmentation concept with a great promise toward 

advancing the present state-of-the-art in voice processing 

equipment, However, the illustration of the concept is only 

a computer sim l a t i on  in the form of an hgorithm, 

e, make this concept more usefulp additional research i s  

needed, This need was also pointed out by itton, The wosk 

erein is the result sf further research directed toward the 

ementation o the concept into a domain more conducive to 

practical har 
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This hnplementation is done through an effort to design 

and develop a real-time statistical time-series analyzer to 

segment5ze speech in real time. 



P 

CHAPTER %I 

THEORETICAL BACKGROUND 

csntprehensive search of the speech research literature 

shsws that %he development of a statistical analyzer for  

peech research has been by and arge a means of achieving 

ther ends, This postulation is illustrated by the history 

of research in speech processing, bandwidth compression8 and 

recognition, as well as in the recent developments in computer 

techn~logy ( G o l d ,  1969; Kock, 1962)- In the past many re- 

searchers have developed all kinds of techniques to analyze 

human speech; one in particular is found in the work performed 

in 1952  by Pavenport, T h i s  work dealt with an experimental 

study of speech wave probability distributions, and it re- 

quired the use sf two statistical analyzers (although not 

aPSLed statistical analyzers at that time), One was used to 

efine amplitude distributions while the other was used to 

ero-crossing distributionsg Neither analyzer was 

phasiesd GS a possible universal test instrument 

asearch but hey were more or less evefoped as a means of' 

desired ends- 

e effort by Davenport, studies in speech 

seognbtion have established a definite need for  statistical 

sfs (GsZd, 969; Sitton, 1969; Veliehkin, 19631, Howeverbr 

the trend is now toward utilizing computers for analysis 
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rather than the construction of test instruments (Gold, 1969; 

Reddy, 1967; Leytes, 1966; Sitton, 1969; Weiss, P963), The 

reasons for the deemphasis on developing test instruments 

are not that test instruments are not neededp but rather 

that a computer is accessible and can expidite the major em- 

phasis of the research. In other wordsp the primary objective 

&>f speech research generally is to learn about the nature of 

the signal itself by any means available, So a concentration 

on the development of test instruments is somewhat devious to 

the main objective of the speech research as well as to the 

talents of the people carrying out the research, 

At any rate, a great deal of work has gone into statis- 

tical analysis for speech research be it by computer analysis 

or by analysis performed by an instrument designed €or that 

particular ;?urpose. Nevertheless more work is needed in the 

development of tailored instrumentation. Tailored instru- 

ments are important because they offer a bridgin9 between 

theoretical abstraction and practical utilization of the 

theoretical concepts. This is particularly true of statis- 

tical analysis. Moreover# the design of the real-time 

statistical time-series analyzerp mentioned in the previous 

apter, offers such bridging, 

owever the analyzer i t se l f  k2s an interesting theoretical 

background which is taken from Sitton's emphasis ow the use of 

moment analysis of the reciprocal time distances between 



successive zero Crossings of the speech signal as a segmen- 

tation procefiure, 
E 

This procedure has been chosen because it seems to be 

quite promising for further research among a number of other 

methods tried, The fundamental philosophy for using the 

reciprocal zero crossing distance moment analysis  is t h a t  

these moments were found to give a reliable measure of 

changes in stationarity indicating phoneme transitions in 

speech. This moment analysis may be described mathematically 

by E q s ,  (2-1) and (2-21, 

where d = distance between zero crossings 
Y 

= average or 
j 

= reciprocal of d and d 

first moment 

) = afP higher moments above (q = 1) a5 a 
-1 function of d 

P = 1, 2, 3, B % a B d B  Ea 
j 

P r i o r  to implementing ~ q s ,  (2-n) and (2-2) inio the 

algorithm as being mathematically description sf the  segmen- 

ation procedure, a process of linear detrending was performed 
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on the speech signal, Mathematically linear detrending is 

a least squares line problem which is illustrated by Fig, 2-1 

for a data sample, The reason for applying the detrending 

process was to establish a meaningful zero reference line 

which in effect limited the analysis to dealing with only 

the high frequency part of the input speech signal, This 

detrending process, along with the aforementioned theoretical 

criterion, establishes the theoretical framework of t h e  present 

research effort, 

With the theoretical basis of the problem known, the 

carry on question is what approaches should be taken to solve 

the problem. The research work being reported herein is an 

attempt to show that the method of solution can be realized 

through an electronic simulation of the theoretical relation- 

ships and is illustrated as follows, 

Given a speech signal S ( t )  I one wishes now to define 

through electronic analog circuit means the first four central 

statistical moments. The first requirement by the theory is 

o perform the process of linear detrending and measuring the 

distances between zero crossings. This step can be achieved 

by passing the signal S ( t )  through an analog differentiator 

with the appropriate time constant, as shown in Fig. 2-2, 

The next theoretical requirement is to obtain. the 

reciprocal of the distances between the zero crossings, This 

can be done by operating on the signal with an analog- div ider  
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Fig. 2-1 ,  Linear  Detrending Es tab l i sh ing  
Zero Reference 



x 

FigB 2-2. Analog Differentiator 



(see Fig.  2-3) a f t e r  zero  c ros s ing  d e t e c t i o n ,  and frequency 

t o  amplitude conversion, 

The next  s t e p  i s  t o  f i n d  the  average value o r  f i r s t  

c e n t r a l  moment of t h e  r e c i p r o c a l  [S(Ti  = ;S-I ze ro  crossinc; 

d i s t a n c e s .  This  i s  done by using an analog averaging network 

or i n t e g r a t o r  w i t h  t he  appropr i a t e  i n t e g r a t i o n  t i n e  cons t an t  

(see Fig.  2 - 4 ) .  

The next  process  i s  t o  develop a moment genera t ing  func t ion ,  

This  i s  done by using a high q u a l i t y  ope ra t iona l  ampl i f i e r  as a 

d i f f e r e n c e  network (see Fig.  2-5) and tak ing  t h e  d i f f e r e n c e  be- , 

I e 

tween S ( T i  and S 
- 

With t h i s  d i f f e r e n c e  q u a n t i t y  [S(Ti-’) - S] def ined ,  

any c e n t r a l  moment aSove 1 can be found. by using the  proper  

arrangement of analog m u l t i p l i e r s ;  t h i s  i s  shown i n  F igs  2-6 

for  moments 2nd, 3rd,  and 4th o r d e r ,  T h e  output  of t h e  mul t i -  

p l i e r s  should be a s i g n a l  r e p r e s e n t a t i v e  of t h e  moments t h a t  

are descr ibed  by Eqe (2-1)- 

In summary, t h e  approach t o  so lv ing  t h e  problem i s  t o  

use a set of proper ly  ordered analog networks t o  achieve t h e  

s i g n a l  moment for  a n a l y s i s  as i l l u s t r a t e d  by t h e  block diagram 

of F i g ,  2-7, The proper ordered set  of e l e c t r o n i c  analog 

networks r e p r e s e n t  t h e  rea l - t ime s ta t is t ical- t ine series 

ana lyzer ,  This  name i s  chosen t o  d e s c r i b e  t h e  e l e c t r o n i c  

device  because t h e  f i n a l  products  of the assembly of e lectr i -  

ca l  networks a r e  s t a t i s t i c a l  q u a n t i t i e s  and they are der ived  
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Fig, 2-4 .  Signal In t eg ra to r  



F i g .  2-5. Dif fe rence  N e t w o r k  
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f r o m  t he  real-time domain representation of the i n p u t  

s i g n a l  
a 



CI-IAPTER I11 

SYSTEM DESIGN 

The problem expressed in Chapter I1 is translated into 

an electronic analog system simulating the theoretical xe- 

lationships of Eqs. (2-9) and (2-2),  

The system design has been carried out in four phases. 

The first phase is called signal conditioning; the second, 

signal conversion and inversion; the third, signal integra- 

tion and differing; and the fourth, signal moment generation- 

In order to provide a clear understanding of the overall 

design concept, this chapter gives a more detailed discussion 

of the four design phases, 

Phase 1: Signal Conditioning 

The signal of concern in this investigation is human 

speech. So the problem in this system design phase is to 

provide the proper signal conditioning, As stated in Chapter 

11, the operation to be performed on %he speech signal .is a 

moment analysis of the reciprocal zero crossing distances, 

Therefore a meaningful zero reference must be established and 

its zero crossings extracted in addition to t h e  speech signal 

being of sufficient signal amplitude, Thus the signal con- 

ditioning network design consists of an input amplifier, a 

differentiator, and a zero crossing detector. The input 
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a m p l i f i e r  provides  the s i g n a l  vo l t age  range f o r  e s t a b l i s h i n g  

a high s i g n a l  t o  no i se  r a t i o ;  t h e  d i f f e r e n t i a t o r  e s t a b l i s h e s  

t h e  meaningful z e r o  r e fe rence  whereas t h e  zero c ros s ing  de- 

tector e x t r a c t s  t h e  s i g n a l  zero c ross ings ,  Figure 3-1 shows 

such a s i g n a l  condi t ion ing  network. 
.- \. 

Phase 2: Signa l  Conversion and Invers ion  

Af te r  t h e  s i g n a l  zero c ros s ings  a r e  d e t e c t e d ,  t h e  next  

phase measures t h e  r e c i p r o c a l  ze ro  c ros s ing  d i s t a n c e s  of t h e  

s i g n a l .  The e s s e n t i a l  task f o r  t h i s  phase i s  t o  express  t h e  

r e c i p r o c a l  zero  c ross ing  d i s t a n c e s  a s  a func t ion  of amplitude 

and t i m e ,  This  was accomplished by developing a network, 

i l l u s t r a t e d  i n  Fig.  3-2, c a l l e d  a frequency t o  amplitude 

conver te r .  

This  network func t ions  as f o ~ l o w s .  The appearance of 

t h e  f i r s t  zero  c ros s ing  s t a r t s  a high speed d i g i t a l  c lock.  

During t h e  tine. i n t e r v a l  between t h e  f i r s t  zero c ross ing  and 

t h e  appearance of a second zero c ros s ing  t h e  clock d r i v e s  a 

d i g i t a l  counter  with an e i g h t  b i t  p a r a l l e l  ou tput ,  The. 

appearance of t h e  second zero c ros s ing  s t o p s  t h e  clock and 

t h e  d i g i t a l  va lue  of t h e  counter  i s  i n v e r t e d  and dumped i n t o  

an e i g h t  b i t  d ig i ta l - to-ana log  conver te r  v i a  an e i g h t  b i t  

s to rage  reg is te r . ,  Then t h e  output  vo l t age  of the d i g i t a l - t o -  

analog conver te r  is directly proportional to t h e  r e c i p r o c a l  

zero c ross ing  d i s t a n c e ,  More c i r c u i t  d e t a i l s  of t h e  design 
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of t h i s  s i g n a l  conversion and inve r s ion  network are provided 

i n  t h e  Appendix. F igure  3-2 shows t h e  t y p i c a l  design of t h i s  

network e, 

Phase 3: S i a n a l  I n t e s r a t i o n  and Dif fe rence  

The networks de f ined  i n  Phases 1 and % #  transformed t h e  

speechs igna l  i n t o  a s i g n a l  wi th  amplitudes d i r e c t l y  propor- 

t i o n a l  t o  t h e  r e c i p r o c a l  of t h e  zero c ros s ing  d i s t a n c e s  i n  

o rde r  t o  perform t h e  moment a n a l y s i s .  The s i g n a l  i n t eg ra -  

t i o n  and d i f f e r e n c e  network descr ibed  i n  t h i s  phase begins  

t h e  moment a n a l y s i s  and b a s i c a l l y  c o n s i s t s  of an i n t e g r a t e -  

and-hold c i r c u i t  and a d i f f e r e n c e  ampl i f i e r .  The c i r c u i t  

and a m p l i f i e r  ope ra t e  on a l t e r n a t e  3.75 mi l l i second time 

pe r iods  a I n  o t h e r  words,. t h e  i n t e g r a t o r  and d i f f e r e n c e  ' am- 

p l i f i e r  are c o n t r o l l e d  by 7 ,5  mi l l i second square wave d r i v e  

t o  f o u r  analog g a t e s ,  The i n t e g r a t o r  is turned on and i n t e -  

g r a t e s  t h e  i n p u t  s i g n a l  for 3-75  mi l l i seconds .  A l s o ,  dur ing 

t h i s  time per iod  no i n p u t  i s  app l i ed  t o  t h e  d i f f e r e n c e  

a m p l i f i e r O  A t  t h e  end of 3*75 mil l i seconds  t h e  output  of 

e i n t e g r a t o r  along wi th  t h e  inpu t  t o  t h e  i n t e g r a t o r  are 

connected t o  t h e  two i n p u t s  of t h e  d i f f e r e n c e  ampl i f i e r .  The 

ou tpu t  of t h e  a m p l i f i e r  then  g i v e s  t h e  d i f f e r e n c e  between t h e  

i n t e g r a t o r  i n p u t  and its ou tpu t  f o r  a e r i o d  of about 3,50 

mil l i s econds ,  During t h e  remaining 0 ,25  mi l iseconds the 

n t e g r a t o r  is reset t o  i n t e g r a t e  t h e  next  a l t e r n a t e  3 , 4 5  
e 

mil l i s econd  pe r iod  and repeat t h e  entire process  over aga in ,  
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The t i m e  per iod  of 3,95 mil l i seconds  as chosen because it 

i s  a submult iple  of 15  mi l l i seconds  which has been found t o  

be a per iod  over which speech i s  assumed t o  be s t a t i o n a r y  

( S i t t o n ,  1969) e 

i g u r e  3-3 shows a c i r c u i t  diagram of t h e  complete 

i n t e g r a t i o n  and d i f f e r e n c e  network, 

c i r c u i t  diagram, Fig.  3-4 shows a timing diagram which i l l u s -  

trates t h e  proper  t i m e  r e l a t i o n s h i p s  of t h e  i n t e g r a t i o n  and 

hold process  a s  w e l l  as t h e  d i f f e r e n c e  network, It also 

shows t h e  analog g a t e  c o n t r o l  l o g i c  s i g n a l s ,  

As a supplemen‘t’ t o  t h i s  

Phase 4 :  Signa l  Moment Generation 

The s i g n a l  ou tput  of t h e  d i f f e r e n c e  network may be 

thought of as a s t a t i s t i c a l  moment genera t ing  func t ion .  A 

moment genera t ing  network was requ i r ed  i n  order  t o  provide 

t h e  moments of t h e  s i g n a l ,  This  network w a s  designed by 

proper ly  employing a set  of analog m u l t i p l i e r s ,  Figure 3-5 

shows t h i s  network f o r  t he  genera t ion  of moments 2 ,  3 ,  and 

hese four  phases8 designed and developed a system 

s imula t ing  Eqs, (2-1) and (2-2). The f i n a l  ou tpu t s  of t h e  

system are t h e - s e r i e s - p a t t e r n s  which are la ter  c o r r e l a t e d  

i t h  those  achieved through t h e  use of S i t t o n B s  computer 

a lgori thm, S p e c t r a l  p a t t e r n s  are made and resented  as p a r t  

Of t h i s  work; e speech m a t e r i a l  used t o  o b t a i n  these  

ns is t h e  same ord set used by S i t t o  o m e  comparison 
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between the two s p e c t r a l  p a t t e r n s  was made by t h e  p r e s e n t  

r e sea rche r  b u t  t h e  most c r i t i c a l  comparison is  l e f t  for  

f u r t h e r  r e sea rch ,  More i s  s a i d  about t h i s  p o i n t  and t h e  

t o t a l  achievement of t h e  p re sen t  work i n  the  n e x t  t w o  chap te r s .  

Figure 3-6 shows an o v e r a l l  diagram of the f i n a l  system 

des ign  and t h e  system is c a l l e d  a real-time S t a t i s t i c a l  t i m e -  

series analyzer .  T h i s  name is given  t o  t h e  system because 

the a n a l y s i s  i s  s t a t i s t i c a l  i n  n a t u r e  and it is  done i n  real 

time as w e l l  a s  i n  t h e  s i g n a l  time domain, 
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CHAPTER IV 

PROTOTYPE AND FEASIBILITY STUDY 

The experimental  p ro to type  r e f e r e d  t o  i n  L i s  chapter  

is t h e  rea l - t ime s t a t i s t i c a l  time-series ana lyzer  i l l u s t r a t e d  

by t h e  diagram of F i g o  

much has been s a i d  about t h e  analyzer  design approach and 

method of implementation, On t h e  con t r a ry ,  t h i s  chapter  

a t tempts  t o  p r e s e n t  data w h i c h  d e f i n e s  and proves t h e  ghysi-  

c a l  r e a l i z a b i l i t y  of t h e  analyzer .  This d a t a  i s  presented 

-5. Up t o  t h e  p re sen t  point",' however, 

through a s h o r t  d i scuss ion  of t h e  f i n a l  analyzer  design and 

t h e  p r e s e n t a t i o n  of t h e  r e s u l t s  of a f e a s i b i l i t y  s tudy con- 

ducted on the proto type .  

F igure  3-6 shows t h e  complete and f i n a l  c i r c u i t  design 

of t h e  ana lyzer  and t h i s  diagram is  re2ea ted  i n  F i g .  

Moreoverp t h i s  f i n a l  design i s  a more d e t a i l e d  r e p r e s e n t a t i o n  

of t h e  conceptual  block diagram def ined  by Fig .  2-7 and re- 

peated i n  Fig.  4-2, Howeverp t h e r e  i s  a b a s i c  d i f f e r e n c e  i n  

h a t  t h e  f i n a l  des ign  d i d  n o t  requjire the use  of an analog 

ivider t o  achieve t h e  r e c i p r o c a l  zero  c ros s ing  d i s t a n c e s  

as i n d i c a t e d  by y/x i n  Fige - 2 .  I n s t e a d ,  t h e  r e c i p r o c a l  

zero c ross ing  d i s t a n c e s  w e r e  obtained i n  the frequency-to- 

amplitude conversion process  by i n v e r t i n g  the 8 b i t  counter  

u t p u t  shown in pigs 3-2, prior t o  d ig i t a l - to -ana log  eowver- 

i on ,  This i nve r s ion  makes the h i g h e s t  i n p u t  s i g n a l  freqxency 
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correspond to the highest amplitude of the digital-to-analog 

converter output voltage. This relationship is the same 

affect as desired through the use of the analog divider. 

Other points of interest about the final design are 

the time constants associated w i t h  the presentation of 

Figs. 3-2 and 3-4. These figures illustrate, among other 

things, the use of appropriate differentiation and integra- 

tion time constants. In the final design, these constants 

were defined. The differentiator constant, €or example, was 

found to be one nanosecond; and the integration 

constant was found to be (Ti = 3*75 ms) three-point-seven- 

five miliseconds. One nanosecond was chosen for Td because 

it provides an optimum trade-off between establishing a true 

zero reference for the input signal and maintaining system 

noise immunity, Likewise, three-point-seven-five miliseconds 

was chosen for Ti because it represents a fair trade-off 

between obtaining a workable average of the input signal and 

emaining within the limits of signal stationarity in order 

(Ta = Ins) 

to present a useful signal analysis in real-time, f%ore is 

aid about this point in the following chapter, 

he feasibility study conducted using the prototype 

ode1 was designed to uncover the correlation between the 

statistical moments obtained by the earlier researeher's 

lgorithm and the present researcher's electronic model., A 

sufficient degree of correlation between %he data obtained 
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tnwough t h e  use  of t h e  algori thm and d a t a  obtained from t h e  

e l e c t r o n i c  model e s t a b l i s h e s  t h e  phys ica l  r e a l i z a b i l i t y  of 

t h e  analyzer .  
a 

The s tudy  cons i s t ed  of an a n a l y s i s  of key speech samples 

taken from t h e  word space ou t l ined  i n  Table Ie Out of this 

word space,, t h e  speech samples w e r e  t he  words "which" and 

"sunless"  spoken by a speaker wi th  a gene ra l  American accent .  

Although both words were used as speech sarqles,, only the 

word "sunless"  was used  t o  e s t a b l i s h  t h e  d e s i r e d  degree of 

c o r r e l a t i o n  between t h e  algori thm d a t a  and t h e  d a t a  taken 

f r o m  t h e  e l e c t r o n i c  model. "Sunless" was used because t h e  

algori thm datil cons i s t ed  only of t h e  word "sunless" a s  i t s  

speech sample, 

Nevertheless ,  t h e  d a t a  from, the e l e c t r o n i c  model was 

obtained by r equ i r ing  t h e  speaker t o  record on magnetic 

t a p e  t h e  coinplete word space.  Then t h e  t a p e  recording was 

used as t h e  s i g n a l  source fo r  t h e  o p e r a t i o n a l  tes t ,  The tes t  

setup i s  shown i n  Fig.  4-3 .  I n  t h i s  f i g u r e  t h e  recorded 

speech i s  shown t o  be provided, v i a  a t a p e  r eco rde r ,  t o  t h e  

analyzer .  Then t h e  analyzer  i s  connected t o  an o s c i l l o s c o p e s  

The osc i l l o scope  i s  t r igge red  by t h e  i n p u t  speech s i g n a l  

whi le  t h e  analyzed speech s i g n a l  i s  d isp layed  as the scope 

trace, Also, when t h e  scope trace appears ,  a pola'sroid pic- 

ulce is taken of t h e  t r a c e  and used as t h e  d a t a  c o l l e c t i o n  

and s t o r a g e  technique,  T h i s  technique of Polaro id  p i c t u r e s  

was used because it proved t o  be the b e s t  technique ou t  of 



35 

TADLE I 

WORD SPACE USED IN STUDY (Sitton, 1969) 

Orthographic 

which* 

i n t o  

only 

some 

d i d  

many 

sun le s s*  

Monday 

zero 

himself 

speechless" 

Phonemic - 

I I n P  tu1 

[onplii 
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a number of other methods t r i ed ,  such as  xy p l o t t e r ,  

o s c i l l o g r a p h ,  v i s i c o r d e r ,  etc, 

Five d i f f e r e n t  p i c t u r e s  were made of t h e  analyzed 

speech samples and are d i s t ingu i shed  by t h e  following 

equat ions:  
'. .. 

f ( t )  = s P i c t u r e  1 

- 
f ( t )  = s P i c t u r e  2 

P i c t u r e  3 - 2  f (t) = ( 5  - s )  

P i c t u r e  4 - 3  f ( t )  = ( s  - s )  

f ( t )  = ( s  - - SI P i c t u r e  ti 

These f i v e  p i c t u r e s  represented  by t h e  f i v e  equat ions 

a r e :  The s i g n a l  (Eq .  4-1If t h e  s i g n a l  f i r s t ,  secondp t h i r d ,  

and f o u r t h  c e n t r a l  s t a t i s t i c a l  moments (Eqs, 4-2 through 

-5, r e s p e c t i v e l y )  Where t h e  s i g n a l  " 5 "  is  t h e  r e c i p r o c a l  

of the  d i s t a n c e  i n  t i m e  between t h e  zero  axis c ross ings  of 

t h e  inpu t  speech samples. The sseeeh samples usedl  as s t a t e d  

ear l ie rB are the  spoken words ''whichB' and '*sunlesss' '  Other 

words i n  t h e  word space w e r e  observed through t h e  ana lyzer  

b u t  no d a t a  w a s  c o l l e c t e d  ana s to red ;  as a r e s u l t ,  no d a t a  

on t h e s e  words appear i n  t h i s  r e p o r t  except  for t h e  word 

"speeeh2esse" A t  any r a t e p  a set  of f i v e  p i c t u r e s  is pre- 

sen ted  for each speech samplee 
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The pririiary procedure f o r  proving t h e  p h y s i c a l  re-  

- d  - B l i a a b i l i t y  of t h e  ana lyze r  was t o  e s t a b l i s h  sortie degree  

of c o r r e l a t i o n  between t h e  d a t a  ob ta ined  us ing  t h e  algo-  

r i t h m  and t h e  da ta  ob ta ined  us ing  t h e  electronic model, 

namely, the r e a l - t i n e  s t a t i s t i c a l  tine-series ana lyze r .  

F igu res  4-4  and 4-5 r e p r e s e n t  t h e  d a t a  obta ined  frorn t h e  

a lgor i thm which are t h e  f i r s t  fou r  c e n t r a l  s t a t i s t i c a l  

rnonents of t h e  s i g n a l ,  On the o t h e r  hand, Fig,s, 4-6 through 

4 -11  p r e s e n t  t h e  same d a t a  oStained. .using t h e  e l e c t r o n i c  

model with the a d d i t i o n  of t h s  s i g n a l  i t s e l f  and t h e  words 

"which" and "speechless ,  " A conparison s tudy  was made of 

t h e s e  d a t a  and the  f i n d i n g s  are as fo l lows :  A close obser- 

v a t i o n  of S i t t o n ' s  a lgor i thm d a t a  (Fi.gs. 4-4 and 4-5) I of 

t h e  spo.ken word "sunless"  shows t h a t  i n  t h e  t h i r d  moment, 

t h e  t r a n s i t i o n  from and t o  t h e  phonenc/s/ a t  t h e  beginning 

and end of t h e  word a r e  s i g n i f i c a n t l y  emphasized, Likewise,  

i n  o t h e r  moments, t h e  f i r s t ,  second arCi f o u r t h ,  am emphasis 

of t h e  t r a n s i t i o n  from and t o  / s /  i s  a l s o  p r e s e n t s  tiowever, 

t h e s e  t r a n s i t i o n  i l l u s t r a t i o n s  are n o t  as pronounced as  t h a t  

of t h e  t h i r d  moment, 

A s i m i l a r  obse rva t ion  of t h e  d a t a  obta ined  on t h e  spoken 

word " sun le s s"  using t h e  e l e c t r o n i c  model shows t h a t  an  erp 

p h a s i s ,  r ep resen ted  by t h e  t h i r d  moment, of t h e  t r a n s i t i o n  

t o  t h e  f i n a l  phonene/s/ i s  pronounced and c o r r e l a t e s  w i th  

t h e  Pike moment presented  by t h e  a lgor i thm d a t a ,  Traces  of 

t h e  sane appear  i n  t h e  r e p r e s e n t a t i o n  of t h e  o t h e r  t h r e e  
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F i g -  4-5, Moments 3 and 4 from Sitton's Algorithm- for  

' 
ord "Sunlessp* 
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moments generated from the electronic model. However, these 

occurrences are not as pronounced as the algorithm data; as 
e 

a solid comparison is not possible, There are a 

number Qsf reasons why this comparison is not solid. These 

are discussed later in this report. 

It i s  obvious also that the transition to the phoneme/s/ 

illustrated by the data from the electronic model is not an 

exact replica of the algorithm data. There are reasons why 

this is true and these reasons likewise are discussed later 

in this report. Nevertheless, the correlation illustrated 

by the third moment of the electronic nodel data and the 

third moment of the algorithm data shows that the electronic 

model can provide similar results to the algorithm thus indi- 

cating t ha t  the design of the electronic model is feasible, 

To further substantiate the feasibility of the electronic 

model, another comparison study was made; this study equated 

the spoken words "sunless" and "which" with the word "speech- 

essei' From an observation of t he  third moments of the words 

sunless" and "which" phoneme transitions are indicated going 

to the /s/ of assunlessgs and to the /eh/ of Moreover, 

both of these phonemes / s /  and /ch/ appear in the word "specxh- 

%esse" So an observation of the third moment of the word 

speechless: emphasizes the transition to the phon-eme /ch/ 

and from the phoneme /ch/ to Is/* 
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These t r a n s i t i o n s  are n o t  q u i t e  as apparent  on one 

observa t ion  as one would l i k e  them t o  be,  b u t  continued 
8 

review of t h e  d a t a  over  a series of observa t ions  p o i n t s  o u t  

more c l e a r l y  t h e  t r a n s i t i o n ,  This  comparison s tudy of t h e  

words D'sunless" and "which" with t h e  word speechless"  along 

wi th  t h e  comparison of t h e  d a t a  on t h e  word ' 'sunless" obta ined  

f r o m  t h e  e l e c t r o n i c  model with t h a t  obtained for  t h e  a lgor i thm 

d a t a  e s t a b l i s h e s  t h e  f e a s i b i l i t y  of design and t h a t  t h e  model 

is phys ica l ly  r e a l i z a b l e ,  As s t a t e d ,  however, t h e r e  are 

reasons why t h e  complete set of d a t a  taken on t h e  word "sun- 

less" d i d  not  correlate i n  an exac t  sense  to t h e  d a t a  ob- 

t a i n e d  by S i t t o n 8 s  algori thm. These are a l l  covered i n  t h e  

next  chapter .  
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CHAPTER V 

EXPERIMENTAL RESULTS 

In gene ra l  t h e  real- t ime s t a t i s t i c a l  the-ser ies  

ana lyzer  design reported he re in  r e p r e s e n t s  a new t o o l  for  

u s e  i n  conducting speech research  and iniplementing t h e  bene- 

f i t s  of real- t ime s t a t i s t i c a l  tine-series a n a l y s i s  i n t o  

speech processing equipment, Pr ior  t o  t h e  r e sea rch  e f f o r t  

a t  R i c e  Univers i ty ,  only t w o  o t h e r  works a r e  known t o  have 

d e a l t  with speech a n a l y s i s  beyond the f irst  c e n t r a l  s t a t i s -  

t i c a l  moment. As a r e s u l t ,  t h e  s tudy  e f f o r t s  are r e l a t i v e l y  

new. To t h f s  a u t h o r P s  knowledge, no known re sea rch  o t h e r  

than  ,he p r e s e n t  has made any a t tempt  t o  design and cons t ruc  

a s t a t i s t i c a l  t i m e  series analyzer  which could be  used t o  

s tudy  t h e  s t a t i s t i c a l  moments of speech beyond t h e  f i r s t  

moments and y e t  be f a r  less conpl ica ted  than  a conputer ,  So 

the phys ica l  implementation of the ana lyzer  designed h e r e i n  

is considered t o  be somewhat of a first, 3ne i n p o r t a n t  

a p p l i c a t i o n  f o r  t h i s  analyzer  i n  speech r e sea rch  is where a 

g r e a t  d e a l  of s t a t i s t i c a l  d a t a  i s  needed about the speech 

i g n a l  and computer usage is at a premium, A l s o ,  t h e  device  

may be  e a s i l y  used as a laboratory inst rument  which can 

e a s i l y  be s t o r e d  because of i t s  small s i z e ,  Figure& 5-%(a) I 

$1 and (e1 show three photographs of t h e  device,  
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L i k e  any prototype design model, there a r e  always 

problems t h a t  need t o  be overcome. This  anaPyaer des ign  i s  

no except ion,  Furthermore, it is  t h i s  f a c t  t h a t  accounts  

for t h e  l ack  of exactness  i n  t h e  d a t a  used t o  correlate wi th  

t h e  algori thm da ta .  I n  o t h e r  words, t h e  comparison of %hese 

d a t a  i n  Chapter IV showed t h a t  t h e  d a t a  from t h e  e l e c t r o n i c  

model i s  n o t  an exac t  d u p l i c a t e  of t h e  a l g o r i t h n  d a t a ,  b u t  

s u f f i c i e n t  l i keness  does exist i n  o r d e r  t o  e s t a b l i s h  t h a t  

t h e  design concept of t h e  model  i s  f e a s i b l e  and phys ica l ly  

r e a l i z a b l e  .) 

There are, howeverp very t a n g i b l e  reasons why the two 

sets of d a t a  do n o t  agree i n  an e x a c t  sense.  The f i r s t  i s  

tha t  the two methods of d a t a  d i s p l a y  a r e  n o t  t h e  5ame be- 

cause they a r e  n o t  t h e  same only and i n d i c a t i o n  of l i k e n e s s  

can be  e s t ab l i shed ,  

The o the r  reason t h e  t w o  sets of d a t a  do n o t  agree i n  

an e x a c t  sense i s  found i n  t h e  phys ica l  implementation of 

t h e  design i t s e l f ,  In a gene ra l  sense ,  t h e  reason is found 

i n  a combination of prob e m s  in t h r e e  a reas :  (1% The gro-  

cess of e s t a b l i s h i n g  a t r u e  zero r e fe rence  and ze ro  c ros s ing  

d e t e c t i o n ,  (2 )  Frequency t o  amplitude conversion, and, 

f i n a l l y ,  ( 3 )  Development of a moment genera t ing  function, 

%he probben w i t h  e s t a b l i s h i n g  the  t r u e  ze rc  r e fe rence  

and zero crossing de tec t ion  was tha t  of maintaining no i se  

h u n i t y  and proper zero crossing- d e t e c t i o n -  I n  t h e  phys ica l  
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design t h e  zero re ference  was e s t a b l i s h e d  using a 

d i f f e r e n t i a t o r  with a t i m e  cons t an t  of  one nanosecond, T h i s  

d i f f e r e n t i a t o r  ac ted  a s  a high pass f i l t e r  thus  emphasizing 

high frequency no i se  a s  well as s i g n a l ,  which u l t i m a t e l y  

a f f e c t e d  t h e  z e r o  c ross ing  d e t e c t i o n  i n  t h e  form of s t a b i l i t y  

errors- T o  minimize the  effect of the  no i se  produced by t h e  

i n p u t  f i l t e r ,  t h e  zero c ross ing  d e t e c t o r  w a s  n o t  allowed t o  

ope ra t e  e x a c t l y  a t  zero9  Ins t ead ,  the i n p u t  s i g n a l  w a s  am- 

p l i f i e d  many times wi th  a high g a i n  a m p l i f i e r ,  t hen  c l ipped  

and ampl i f ied  again.  T h i s  high g a i n  ampl i f i ca t ion  al lows 

t h e  d e t e c t i o n  of the  zero c ross ing  t o  occur a t  a l e v e l ,  

o f f s e t  from zero with minimum error. The r u l e  used to de- 

termine the  minimum e r r o r  was t h e  measurement of the t i m e  

i n t e r v a l  between t h e  p o i n t  of t h e  o f f s e t  l e v e l  and t h e  a c t u a l  

zero c ros s ing  po in t .  The ra t io  of %his t i m e  i n t e r v a l  t o  t h e  

minimum d i s t a n c e  i n  t ime between success ive  zero c ros s ings  

determined t h e  e r r o r ,  The error w a s  designed t o  be less 

than  1% €or a minimum t i m e  i n t e r v a l  of 100 microseconds,  %n 

o t h e r  words, t h e  t i m e  i n t e r v a l  between t h e  o f f s e t  l e v e l  and 

%he a c t u a l  zero crossimg was maintained a t  one microsecond. 

The technique o f fe red  a h igh  degree of no i se  immunity b u t  

i n s t a b i l i t y  i n  t h e  a x i s  c ross ing  i t s e l f ,  

This  nega t ive  e f f e c t  of t h e  zero c ross ing  d e t 8 c t i o n  was 

n o t  apparent  in t h e  d e t e c t o r  i t se l f  b u t  ft cause6 problems 

i n  t h e  frequency to amplitude conver t e r ,  Proper opera t ion  
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of the frequency t o  amplitude conver te r  depends heav i ly  on 

t h e  accuracy of t h e  zero  c ross ing  d e t e c t i o n ,  This  is recog- 

n ized  i n  t h a t  t h e  occurrence of success ive  zero c ross ings  

were used t o  d e r i v e  t h e  c o n t r o l  func t ion  f o r  t h e  frequency 

t o  amplitude conve r t e r ,  For e r r o r  f r e e  conversion, t h e  

conver te r  r e q u i r e s  a high degree of s t a b i l i t y  from t h e  zero  

c ross ing  d e t e c t o r ,  Because of t h e  l i m i t a t i o n  on no i se  

immunity, t h i s  s t a b i l i t y  could n o t  be maxinized; soI apparent  

conversion e r r o r  occured from time t o  time, These errors 

w e r e  represented  i n  t he  form of premature and p o s t  t r a n s f e r  

of the measurement of t h e  z e r a  c ros s ing  d i s t a n c e  from an 8 

b i t  d i g i t a l  counter  t o  an 8 b i t  d ig i ta l - to-ana log  converter .  

T h i s  kind of e r r o r  i s  no t  a func t ion  of the conver te r  b u t  

t h e  s t a b i l i t y  and accuracy of the  z e r o  c ross ing  d e t e c t o r .  

The problem t h a t  e x i s t s  w i t h  t h e  frequency t o  amplitude 

conver te r  is  one of using t h e  proper d ig i ta l - to-ana log  (D/A) 

converter .  A t  t h e  t i m e  the  design was phys ica l ly  implemented, 

t h e  only s u i t a b l e  D/A conver te r  a v a i l a b l e  was a b i p o l a r  one, 

This  means t h a t ,  bes ides  t h e  f a c t  t h a t  t h e  output  amplitude 

ranges from a negat ive  minimum to a p o s i t i v e  maximuml t h e  

minimum t ine i n t e r v a l  between success ive  z e r o  c ros s ing  

corresponded t o  an amplitude nea r ly  equal  t o  the p o s i t i v e  

maximum vo l t age  of t h e  D/A conver te r ,  O n  t h e  otkeek hand, 

the maximum time i n t e r v a l  between success ive  zero c ross ings  

corresponded t o  a D/A vo l t age  l e v e l  nea r ly  equal  t o  the 
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negat ive  minimum, W i t h  t h e  D/A v o l t a g e  ranging from a 

t o  a d- TImaxr t h e  weight of the maximum t i m e  i n t e r v a l  -vmin 
between success ive  zero c ros s ings  was e s s e n t i a l l y  equal  t o  

t h a t  of t h e  minirnum t ine i n t e r v a l ,  The d e s i r e ,  howeverd 

w a s  t o  weight t h e  m i n i m u m  t i m e  i n t e r v a l  more heav i ly  than 

t h e  maximum and allowing t h e  i n t e r v a l s  i n  between t o  be 

weighted p ropor t iona l ly ,  So a c t u a l l y  a un ipo la r  D/A con- 

v e r t e r  would be more proper t o  use.  

To compensate f o r  t h e  equal  weighting of the minimum 

and maximum time i n t e r v a l ,  a diode was used t o  cance l  o u t  

, 'min t h e  D/A vo l t age  l e v e l s  from near  V = 0 t o  v = - 
This  compensation o f fe red  more c l o s e l y  t h e  d e s i r e d  vieighting 

of t h e  t i m e  i n t e r v a l s .  Also t h e  s i g n a l  a n a l y s i s ,  as a re- 

s u l t  of t h e  compensation, w a s  limited t o  t i m e  i n t e r v a l s  of 

0.5 mi l l i seconds  and less, Because t h e  cornpensation used 

l i m i t e d  the  D/A vol tage  only t o  nea r  V = 0 , errors appeared 

i n  t h e  d a t a  from t i m e  i n t e r v a l s  producing D/A ou tpu t  vo l t ages  

between V = 0 I V = -V near  zero-  These errors w e r e  no t  

extremely s i g n i f i c a n t  b u t  w e r e  found t o  be s i g n i f i c a n t  

enough to  a f f e c t  t h e  exactness  of the analyzer  d a t a  compared 

t o  t h e  algori thm da ta ,  T h i s  problem can e a s i l y  be overcone 

w i t h  t h e  use  of t h e  proper unipolar  D/A conver t e r ,  

FinaElqr, t h e  problem assoc ia t ed  wi th  t h e  development of 

the moment genera t ing  func t ion  i s  no r e a l l y  known to have 

a f f e c t e d  the exac tness  of t h e  d a t a  conparison, Howeverp when 
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coupled wi th  the o t h e r  two, t h e  a f f e c t  could be s i g n i f i c a n t .  

A t  any ra te  the problein involves  t h e  physical d e r i v a t i o n  of 

m e  €u::ction 

where s = t h e  s i g n a l  
- 
s = the average of t h e  signal 

- 
B a s i c a l l y ,  t h e  coxpancnts "SI '  an6  " s "  occur a t  d i f f e r e n t  

t i m e  intervals. I n  o t h e r  wordsl t h e  s i g n a l  " s "  i s  averaged 

over a t i m e  pe r iod  of 3 .75  mi l l i s econds ,  and then  he ld  for 

another  3 - 5 mi l l i s econds  more while  being coinpared with " s "  

v i 3  a d i f f e r e n c e  network, A more s u i t a b l e  method might be 
- 

t o  s tore  "s'* dur ing  t h e  3 , 7 5  mil l i s econd  per iod  when "s" 

is being de r ived ,  Then, durixg t h e  3.5 mi l l i s econd  pe r iod ,  

0 11 could be compared i n  t h e  d i f f e r e n c e  network wi th  t h e  
- 

stored value  of "s" r a t h e r  than  t h e  a l t e r n a t e  va lue  of 

"s . "  .Hoever, us ing  t h e  a l t e r n a t e  va lue  of " s ' ~  i s  a v a l i d  

technique because 'Is" t h e  s i g n a l  has  been assumed t o  be 

s t a t i o n a r y  over  a per iod  n o t  t o  exceed 1 5  mi l l i s econds ,  

As illustrated, t h e s e  t h r e e  problems can be solved antf, 

if solved, should without  any doubt improve g r e a t l y  t h e  

exac tness  of t h e  analj-zer d a t a ,  No o t h e r  problems were 

apparent  dur ing  both t h e  design and s tudy of t h e  ana lyze r  

but- t o  conclude t h i s  c h a p t e r ,  a b r i e f  d i scuss ion  of the 

;;c.:rsp~scti vc of t:ie kind of s t a t i s t i c a l  a n a l y s i s  t h e  phys ica l  
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analyzer  performs would be  i n  order .  

A s  a f i n a l  no te  t o  the r e s u l t s  which have been presented ,  

i t  should be poin ted  ou t  t h a t  t h e  tex t  of Chapter I1 impl ies  

t h a t  the  ana lyzer  performs a cont inuous s t a t i s t i ca l  a n a l y s i s ,  

However, a more accura te  d e s c r i p t i o n  of t h e  a n a l y s i s  is t o  

say t h a t  it i s  piece-wise cont inuous,  I n  o t h e r  words, each 

s t a t i s t i c a l  moment presented  is made up of a series of 3-75  

mi l l i second samples- Mathematically these moments may be 

descr ibed  by the  fol lowing f i v e  equat ions :  

s =  'i i = Tsp 

Tw 
2 T s p  

n = -. w h e r e  

Tw = word o r  speech du ra t ion  t ine 

Tsp = sample per iod  

Si = value  of s during per iod  T s p  

- - 
si s =  

i = Tsp 

- 3  (S - SI3 = (Si - Si) 
i = Tsp 

(5-2) 

'(5-3) 

Q5-5) 
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( S  - = (Si - Si) 
i = Tsp 

Another p o i n t  t h a t  should be made about  t h e  ana lyze r  i s  

t h a t  t b 7 0  d i f f e r e n t  type t es t  s i g n a l s  w e r e  used t o  i n s u r e  

t h a t  t h e  system w a s  opera t ing  p rope r ly  p r i o r  t o  any tes t ,  

These s i g n a l s  were a s i n e  wave and a t r i a n g u l a r  wave, The 

s i n e  wave o f fe red  system checkout from t h e  ana lyze r  i n p u t  

through t h e  output  of t he  ana lyzer  d i f f e r e n c e  networke The 

t r i a n g u l a r  wave, on t h e  other hand, offered system checkout 

fron t h e  inpu t  of the ana lyzer  analog mul t ip l ie r :  arrangement 

through t h e  system outputs .  T h e  main i d e a  of us ing  these 

two s i g n a l s  i s  t h a t  t h e  s i n e  wave has  w e l l  known charac- 

teristics and from these  c h a r a c t e r i s t i c s  t he  system average 

and d i f f e r e n c e  networks can be checked. Moreover, t h e  tr i-  

angular  w a v e  have w e l l  known c h a r a c t e r i s t i c s  fo r  checking 

t h e  system analog m u l t i p l i e r  arrangement. By us ing  t h e s e  

t w o  s i g n a l s  t o  i n s u r e  t h e  proper  ope ra t ion  of t h e  average 

and d i f f e r e n c e  network along wi th  t h e  analog m u l t i p l i e r  

arrangement assured the proper  ope ra t ion  of t h e  entire sys- 

t e m ,  The  t h r e e  func t ions  are the m o s t  c r i t i c a l  t o  the proFer  

ope ra t ion  of t h e  whole systemD 
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CONCLUSIONS 

The research effort herein is considered to be a success, 

The effort achieved its primary goal which w a s  to advance the 

development of a new speech segmentation concept such that 

the concept can be more practically utilized. At the start 

of this research effort, the segmentation concept was con- 

tained within a computer algoritkrn; as a result, practical 

application of the concept required the use of the associated 

computer or its equivalent. Now, this concept may be studied 

and utilized without the need for a computer. 

Because the need for a computer has been eliminated, 

speech researchers, both pure and applied, may explore much 

further the promising aspect that the concept has toward . 

solving speech recognition problems and speech processing 

equipment development. The segmentation concept is known to 

have great potential in solving speech recognition problems 

because today all speech researchers, by and large, agree 

that the problem of speech recognition is a runner-up to 

sgeech segmentation. In addition, the increased accessibility 

to the segmentation concept opens the doorway to many new 

ideas for speech processing equipment w i t h  appEications in 

voice communication systems, MoreoverB the fact that the 

design model itself uses simple design techniques and small 



6 3  

c i r c u i t  components, a lone ,  makes t h e  concept more conducive 

f o r  use i n  equipment; d e v e l o p e n t ,  F i n a l l y ,  t h e  real  factor 

tha t  makes t h i s  r e sea rch  e f f o r t  a success  i s  t h a t  t h e  method 

chosen t o  advance t h e  development of t h e  segmentation concept  

has been proven t o  be  both f e a s i b l e  a.nd p h y s i c a l l y  real izable ,  
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APPENDIX A 

AHALYZER THEORY OF OPERATION AND SPECIAL MOTES 

ln general, the theory of operation of the real-time 

statistical time-series analyzer is quite simple and straight- 

forward. First of all, the input signal is converted to a 

signal which possesses only zero crossing information. Then 

this zero crossing information is converted into proportional 

amplitude information by measuring the time interval between 

Successive zero crossings, These amplitudes which represent 

the time interval between successive zero crossings are 

averaged ever a period of 3 . 7 5  milliseconds. Then, during 

the following 3.50 milliseconds, the averaged value is simul- 

taneously held and subtract.ed from the amplitude values which 

occurs at the average circuit input during the same 3.50 . 

millisecond period. 

During the remaining ,25 milliseconds, recognizing a 

total of 3.75 milliseconds per period, the averager is reset 

and is prepared to accept another 3,75 milliseconds of 

amplitude values, Meanwhile, the difference between the 

averaged amplitude quantities and the actual amplitude 

quantities occuring at the averageeircuit input, are squared, 

ubed, and raised to the fourth power simultaneouslyo 

inally, the averaged value of the amplitude along with 

the square, the cube, and %he fourth power ~f %he amplitude 
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differences represent a 3.50 millisecond sample displaying 

the first four central statistical moments of the distance 

between successive zero crossings of the input signal, 

The process as described above assumes that the input 

signal is human speech, Howevex, the analyzer may be used 

to perform the same kind of analysis on any input signal, 

This usel if desired, may require some minor changes to the 

analyzer depending on the nature of the signal to be analyzed. 

Such changes would probably occur in the analysis sample time 

and the frequency to amplitude converter. In other wordsl 

the analysis sample tine of 3.50 milliseconds may not meet 

the stationarity requirements of another signal. Eowever, 

a11 of the required changes are a direct function of the 

nature of the signal to be analyzed, 
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APPENDIX B 

ALYZEII PARTS LIS'T 

P, Input Amplifier, Differentiator and Zero Crossing Detector 

Operational Amplifiers 741 Fairchild 

Digital Integrated Circuit - One SN7400N TI 
Diodes - Five lN457 Faiarchild 
Resistors (Fixed) - Three PK *PO% 

- One 4K 210% 
- TWO 1OK t l O %  

- Three 150K ?lo% 
Resistors (Variable) - One 20K 210% 
Capacitors - One 100 pf and one 10 pf 

2. Frequency to Amplitude Converter 

Operational Amplifiers - None 
Digital Integrated Circuits TTL - Three S N  7400N T I  

- One SM 74108 TI 
One Diode - One SM 7430M TI 

- One SN 7 

0 SN 7475N TI 

- TWO S M  7493M T I  

Special Digital to Analog Converter - One Beckman 8 

e Integration, Hold, and Difference - N e t w o r k  

Operational Amplifier - Six 
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D i g i t a l  Xntegrated C i r c u i t s  TTL - One SN 7400M 

- One SN 7 

Analog Gates - Four CWG13-6952 Sic loconix  

Diodes - None 

Resistors (Fixed) - One 1K 

- One 3.75K 
- One 1 O K  

Resistors ( V a r  i ab Pe 1 

Capaci tors  

- Four 12K 

- One l2OK 

- One SOR 

Moment Generating C i r c u i t  

Operat ional  Amplif iers  - Four GPS-F0201 
- O n e  GPS-801 

D i g i t a l  I n t e g r a t e  C i r c u i t s  - None 
Diodes - None 

e s i s t o r s  

apaci to r  s 

ultipliers 

5 ,  S a e c i a l  C i r c u i t  Timina 

- None 

o p e r a t i o n a l  Amplifiers 

i g i t a P  I n t e g r a t e d  C i r c u i t s  - One SM 7 

C 851P F a i r c h i l d  
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Diodes - None 

Resis tors  (Fixed)  - O n e  POK 

Resistors (Variable) - One 20K 
Capacitor - One 390 pf 

C r y s t a l  - One ,1024 RHz 

NASA - MSC 


